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(54) Hands-free communication apparatus 

(57) In a hands-free speech communication appa- 
ratus incorporating an echo canceler in a mobile tele- 
phone, a howling prevention unit for preventing howling 
caused due to leakage of a mobile-side loudspeaker 
output voice into a mobile-side microphone input during 
hands-free speech communication and an echo cancel- 
er for canceling an echo generated due to leakage of a 



FIG. 3 



CELLULAR 
PHONE SIDE 



RECEPTION INPUT/ 
TERMINAL 

TRANSMISSION OUTPUT X. 

TERMINAL 

f OATX INPUT TERMINAL 
\DATA OUTPUT TERMINAL 




transmission voice signal from a self line output terminal 
into a reception voice signal input to a self line input ter- 
minal are constituted by a one-chip digital signal proc- 
essor. The digital signal processor is controlled by a mi- 
croprocessor incorporated in an external cellular phone : 
thereby controlling/processing operation parameters of 
the howling prevention unit and the echo canceler on 
the basis of software. 
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Description 

The present invention relates to signal processing, 
preferably to a hands-free speech communication ap- 
paratus and, more particularly; to a hands-free speech 
communication apparatus incorporating an echo can- 
celer in, e.g., a mobile telephone. 

Referring to Fig. 1 : a hands-free speech communi- 
cation apparatus as the first prior art which incorporates 
an echo canceler and is used for a mobile telephone is 
realized by simply connecting, as a hardware structure, 
a device 9 dedicated to the echo canceler, and a voice 
switch 7 and a line gain correction circuit 6 which are 
realized by discrete parts and the like. That is, the cir- 
cuits of the device 9 dedicated to tha echo canceler, the 
voice switch 7, and the line gain correction circuit 6 in- 
dependently operate. 

As the second prior art, a "howling prevention ap- 
paratus" disclosed in Japanese Unexamined Patent 
Publication No. 5-75500, i.e., a prior art of a hands-free 
speech communication apparatus used for a TV confer- 
ence system and incorporating an echo canceler will be 
described. Referring to a block diagram in Fig. 2 : the 
howling prevention apparatus for a bidirectional speech 
communication apparatus having an open-loop closed 
circuit constituted by acoustic coupling between a mi- 
crophone 31 for inputting a transmission voice and a 
loudspeaker 34 for outputting a reception voice compris- 
es an echo canceler 35 which generates a pseudo echo 
from an output signal from the bidirectional speech com- 
munication apparatus and subtracts this pseudo echo 
from an input signal to the bidirectional speech commu- 
nication apparatus, thereby removing an echo passing 
through the open-loop closed circuit, an attenuation 
amount calculation unit 36 for calculating, on the basis 
of the acoustic coupling gain, the echo cancel amount 
of the echo canceler 35, and the amplified gain of the 
open-loop closed circuit, an attenuation amount for set- 
ting the gain of the open-loop closed circuit to one or 
less, and a voice switch 37 for inserting/controlling, into/ 
in the open-loop closed circuit, the attenuation amount 
calculated by the attenuation amount calculation un it 36. 
The echo canceler 35 calculates a coefficient by a co- 
efficient estimating operation and multiplies the calcu- 
lated coefficient with the output signal from the bidirec- 
tional speech communication apparatus, thereby gen- 
erating the pseudo echo. 

The acoustic coupling gain is approximately calcu- 
lated on the basis of the converged value of the coeffi- 
cient of the echo canceler 35. The echo cancel amount 
is approximately calculated by obtaining the power ratio 
between the input signal to the echo canceler and the 
residual echo. 

The voice switch 37 forcibly inserts an infinite atten- 
uation amount regardless of the calculation result from 
the attenuation amount calculation unit 36 until the at- 
tenuation amount calculated by the attenuation amount 
calculation unit 36 decreases to a value for allowing con- 



current bidirectional speech communication. When the 
attenuation amount calculated by the attenuation 
amount calculation unit 36 is larger than the value for 
enabling concurrent bidirectional speech communica- 
5 tion, the voice switch 37 divides the voice signal trans- 
mission band into a plurality of bands and independently 
sets the attenuation amount to be inserted in units of 
divided bands. In addition, when the attenuation amount 
calculated by the attenuation amount calculation unit 36 
10 js larger than the value for allowing the concurrent bidi- 
rectional speech communication, the voice switch 37 
performs Fourier transform of the voice signal and inde- 
pendently sets the attenuation amount to be inserted in 
units of frequency components obtained upon Fourier 
75 transform. 

Each of these conventional hands-free speech 
communication apparatuses incorporating echocancel- 
ers requires the device dedicated to the echo canceler 
and the voice switch circuit realized by discrete parts, 
20 resulting in a large circuit scale and high cost. The echo 
canceler and the voice switch independently operate. 
For this reason, when the loss of the voice switch is re- 
duced in consideration of the cancel amount of the echo 
canceler, howling may be generated before the echo 
25 canceler exhibits a sufficient effect. When the loss of the 
voice switch is set to control the howling, the loss of the 
line becomes too large while the echo canceler exhibits 
a sufficient effect, and the concurrent speech commu- 
nication properties undesirably degrade. 
30 Thus, problems still exist with the existing echo- 

cancellation techniques. In addition, it has been found 
that a further problem is that line gains vary from country 
to country in which the apparatus is used. Thus, appa- 
ratus in which the various parameters (for example gain, 
35 time constant, operating point (threshold)) of the dedi- 
cated echo-cancellation hardware have been optimised 
may still be subject to problems when used with a dif- 
ferent telecommunications system to the one for which 
it was optimised. 
40 In a first aspect, the invention provides audio 

processing apparatus as set out in Claim 1 . 

Thus, with the invention, parameters affecting the 
signal processing and echo-cancellation can readily be 
varied after manufacture, for example to take into ac- 
■*5 count characteristics of the telecommmunications sys- 
tem in which the apparatus is employed. 

The advantages of the invention are most apparent 
in a so-called hands-free communication apparatus for 
connection to or integrated with a mobile telephone. As 
50 js well-known, a hands-free communication device nor- 
mally comprises a microphone and a loudspeaker, en- 
abling a user, for example in a vehicle, to conduct a con- 
versation without needing to hold the mobile telephone. 
The signal processing means is most preferably in- 
55 tegrated onto a single chip. 

Preferably, the apparatus is programmable by 
means of data transferred from a mobile telephone to 
which the apparatus is connected or together with mem- 
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ory means of the mobile telephone storing other com- 
munication information, for example subscription and 
network connection information. 

Related aspects of the invention are set out in 
Claims 3, 6, 7, 9 and 10. 

According to the aspects of the present invention, 
the main portion of the hands-free speech communica- 
tion incorporating the echo canceler is constituted by the 
one-chip DSP. With this arrangement, reduction in the 
circuit scale and cost can be realized. In addition, by 
realizing the echo canceler and the voice switch in the 
one-chip DSP, the short echo cancel amount during the 
convergence of the tap coefficient of the echo canceler 
can be compensated by the voice switch, so that howl- 
ing can be prevented. Furthermore, when the echo can- 
celer is sufficiently canceling the echo : hands-free 
speech communication with satisfactory concurrent 
speech communication properties and free from the 
sense of switching can be realized. 

By only changing the initial parameter values of the 
main CPU software of the external cellular phone, the 
difference between line gains in various countries can 
be coped with without changing the hardware and soft- 
ware in the hands-free speech communication appara- 
tus incorporating the echo canceler. 

The above and many other objects, features and 
advantages of the present invention will become mani- 
fest to those skilled in the art upon making reference to 
the following detailed description and accompanying 
drawings in which preferred embodiments incorporating 
the principles of the present invention are shown by way 
of illustrative example. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Fig. 1 is a block diagram showing the hardware ar- 
rangement of a hands-free speech communication 
apparatus as the first prior art; 
Fig. 2 is a block diagram showing a howling preven- 
tion apparatus as the second prior art: 
Fig. 3 is a block diagram showing the hardware ar- 
rangement of a hands-free speech communication 
apparatus of the present invention; 
Fig. 4 is a block diagram showing the algorithm 
function of a hands-free speech communication ap- 
paratus according to the first embodiment of the 
present invention: and 

Fig. 5 is a block diagram showing the algorithm 
function of a hands-free speech communication ap- 
paratus according to the second embodiment of the 
present invention. 

DETAILED DESCRIPTION OF THE PREFERRED 
EMBODIMENTS 

The preferred embodiments of the present inven- 
tion will be described below with reference to the accom- 
panying drawings. Referring to the block diagram in Fig. 



4 which illustrates the first embodiment of the present 
invention, a hands-free speech communication appara- 
tus comprises a line-side echo canceler 20, a voice 
switch 21, a mobile-side echo canceler 22, and a mo- 

5 bile-side echo cancel amount detection processing unit 
23. The line-side echo canceler 20 has an adder 200 for 
adding, to a reception voice signal f input from a line 
side to a reception input terminal A, a hands-free trans- 
mission signal h in which a hands-free transmission sig- 

10 nal g sent from a transmission output terminal D to the 
line side is adaptively controlled to cancel a component 
which leaks from the hands-free transmission signal g 
into the reception voice signal f , and outputting a recep- 
tion voice signal j, and an adaptive filter 201 for adap- 
ts tively controlling the hands-free transmission signal g in 
accordance with the reception voice signal j output from 
the adder 200 and outputting and supplying the hands- 
free transmission signal h to the adder 200. The voice 
switch 21 has a reception system loss processing unit 

20 210 which is controlled by a reception system loss con- 
trol signal k to apply a predetermined attenuation 
amount for preventing howling to the reception voice 
signal j output from the adder 200 of the line-side echo 
canceler 20 and outputs a reception voice signal m to a 

25 mobile-side loudspeaker output terminal B : a transmis- 
sion system loss processing unit 214 which is controlled 
by a transmission system loss control signal n and a 
transmission system loss control signal p to apply a pre- 
determined attenuation amount to a hands-free trans- 

30 mission signal q in which the reception voice signal m 
component which leaks from the mobile-side loud- 
speaker output terminal B into a mobile-side micro- 
phone input terminal C is canceled to cancel the echo, 
and outputs the hands-free transmission signal g : and 

35 a loss processing control unit 212 for outputting the 
transmission system loss control signal n in accordance 
with the level of the hands-free transmission signal q 
and outputting the reception system loss control signal 
k in accordance with the level of the reception voice sig- 

40 nal j. The mobile-side echo canceler 22 has an adder 
221 for adding, to a hands-free transmission signal r in- 
put to the mobile-side microphone input terminal C, a 
reception voice signal s in which the reception voice sig- 
nal m output to the mobile-side loudspeaker output ter- 

^5 minal B is adaptively controlled to cancel a component 
which leaks from the reception voice signal m into the 
hands-free transmission signal r, and outputting the 
hands-free transmission signal q, and an adaptive filter 
220 for adaptively controlling the reception voice signal 

50 m in accordance with the hands-free transmission signal 
q output from the adder 221 and outputting and supply- 
ing the reception voice signal s to the adder 221. The 
mobile-side echo cancel amount detection processing 
unit 23 compares the hands-free transmission signal r 

55 with the hands-free transmission signal q to detect the 
echo cancel amount of the mobile-side echo canceler 
22 and outputs the transmission system loss control sig- 
nal p corresponding to the echo cancel amount. The 
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line-side echo canceler 20, the voice switch 21 , the mo- 
bile-side echo canceler 22 ; and the mobile-side echo 
cancel amount detection processing unit 23 are consti- 
tuted by a one-chip digital signal processor, With this 
arrangement, the operation parameters of the line-side 
echo canceler 20, the voice switch 21, the mobile-side 
echo canceler 22, and the mobile-side echo cancel 
amount detection processing unit 23 are controlled/ 
processed on the basis of software by a microprocessor 
incorporated in an external, e.g., cellular phone. 

The second embodiment of the present invention 
will be described next with reference to the accompany- 
ing drawings. Fig. 3 is a block diagram showing the hard- 
ware arrangement of a hands-free speech communica- 
tion apparatus of the present invention. Fig. 5 is a func- 
tional block diagram showing the algorithm of a hands- 
free speech communication apparatus according to the 
second embodiment of the present invention. Referring 
to Fig. 5, a digital signal processor 2 shown in Fig. 3 is 
constituted by a line gain correction processing unit 210, 
a voice switch processing unit 211, a mobile-side echo 
canceler unit 22, an echo cancel amount detection 
processing unit 23, a parameter setting processing unit 
24, and a parameter reception processing unit 25. The 
line gain correction processing unit 210 is constituted by 
a loss control processing unit 2103, a transmission sys- 
tem loss processing unit 2102, a reception system loss 
processing unit 2101, a reception input level detection 
rectifier 2104, and a transmission output level detection 
rectifier 2105. The voice switch processing unit 211 is 
constituted by a loss control processing unit 2113, a 
transmission system loss processing unit 211 2, a recep- 
tion system loss processing unit 211 1 , a reception level 
detection rectifier 2114, and a transmission level detec- 
tion rectifier 2115. The mobile-side echo canceler unit 
22 is constituted by an adaptive filter 220 and an adder 
221 . The parameter setting processing unit 24 is consti- 
tuted by the setting processing units of a line gain cor- 
rection parameter unit 240, a voice switch parameter 
unit 241 , and an echo canceler parameter unit 242. The 
parameter reception processing unit 25 has a serial in- 
terface (l/F) unit to the main CPU of an external cellular 
phone. 

The hardware arrangement of the hands-free 
speech communication apparatus will be described 
next. The block diagram in Fig. 5 shows the algorithm 
function of processing in the DSP shown in Fig. 3. Fig. 
3 shows, as the hardware structure, a four-terminal net- 
work for inputting/outputting voices, in which A D C s / 
D A C s (analog-to-digital/digital-to-analog converters) 
1 and 3 are connected to the input and output terminals 
of the DSP 2 to input and output a reception voice and 
a transmission voice, respectively, and the main CPU of 
the cellular phone externally connected via the serial I/ 
F controls processing in the digital signal processor 2 
independently of input/output of the transmission/recep- 
tion voice. 

The operation will be described below. Referring to 



Fig. 5, a mobile-side transmission voice from the ADC 
of the ADC/DAC 3 shown in Fig. 3 is input from a micro- 
phone input terminal C and input to the transmission 
system loss processing unit 2112 of the voice switch 

5 processing unit 211 while the echo circulating from a 
loudspeaker output terminal B side is canceled by the 
mobile-side echo canceler unit 22. The transmission 
voice is attenuated by an amount controlled by a control 
signal d from the loss control processing unit 2113 and 

10 a control signal e from the echo cancel amount detection 
processing unit 23 and output to the line gain correction 
processing unit 2 1 0. The transmission voice input to the 
transmission system loss processing unit 2102 of the 
line gain correction processing unit 21 0 is attenuated by 
an amount controlled by a control signal b from the loss 
control processing unit 2103, output from a transmission 
output terminal D as a transmission voice output, and 
supplied to the DAC of the ADC/DAC 1 shown in Fig. 3. 
A line-side reception voice from the ADC of the 

20 ADC/DAC 1 shown in Fig. 3 is input from a reception 
input terminal A and input to the reception system loss 
processing unit 2101 of the line gain correction process- 
ing unit 210. The reception voice is attenuated by an 
amount controlled by a control signal a from the loss 

25 control processing unit 2103 and output to the voice 
switch processing unit 211 . The reception voice input to 
the reception system loss processing unit 2111 of the 
voice switch processing unit 211 is attenuated by an 
amount controlled by a control signal c from the loss 

30 control processing unit 2113 and output to the mobile- 
side echo canceler unit 22. The line-side reception voice 
input to the mobile-side echo canceler unit 22 is used 
as a reference input for the mobile-side echo and also 
supplied from the loudspeaker output terminal B to the 

35 ADC unit of the ADC/DAC 3 shown in Fig. 3. 

The operation will be described below in more de- 
tail. 

In the line gain correction processing unit 210, the 
loss control processing unit 2103 compares the trans- 

40 mission voice level detected by the transmission output 
level detection rectifier 2105 with the reception voice 
level detected by the reception input level detection rec- 
tifier 21 04 and corresponding to the transmission output 
level returned on the line side to obtain the circulating 

45 gain (line gain) on the line side. The transmission sys- 
tem loss processing unit 21 02 and the reception system 
loss processing unit 2101 are controlled by the control 
signals b and a in accordance with the magnitude of the 
line gain to insert the attenuation amounts into the trans- 

50 mission and reception voice outputs in accordance with 
the respective control signals. The gain is corrected on 
the basis of the line gain such that predetermined trans- 
mission and reception voice levels can be obtained, 
thereby preventing hands-free speech communication 

55 from failing due to variations in line gain. 

In the voice switch processing unit 211, the loss 
control processing unit 211 3 compares the transmission 
voice level detected by the transmission level detection 
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rectifier 2115 with the reception voice level detected by 
the reception level detection rectifier 2114. The control 
signal d for controlling the transmission system loss 
processing unit 21 1 2 and the control signal c for control- 
ling the reception system loss processing unit 2111 are 
output in accordance with the comparison result. The 
sum. value of the control signals d and c is always con- 
stant., and losses to be inserted into the line loop by the 
transmission system loss processing unit 2112 and the 
reception system loss processing unit 2111 are always 
constant. The reception system loss processing unit 

2111 inserts an attenuation amount into the reception 
system voice output from the line gain correction 
processing unit 210 in accordance with the control sig- 
nal c from the loss control processing unit 2113 and out- 
puts the reception voice to the mobile-side echo cancel- 
er unit 22. The transmission system loss processing unit 

2112 controls the maximum value of the attenuation 
amount to be inserted in accordance with the control sig- 
nal e from the echo cancel amount detection processing 
unit 23, determines the attenuation amount to be actu- 
ally inserted by using the control signal d from the loss 
control processing unit 211 3 as a ratio to the maximum 
value, applies the attenuation amount to the transmis- 
sion voice output from the mobile-side echo canceler 
unit 22, and outputs the transmission voice to the line 
gain correction processing unit 210. 

The mobile-side echo canceler unit 22 is an echo 
canceler using an FIR type adaptive filter depending on 
learning identification as a known technique of estimat- 
ing the tap coefficient. 

The echo cancel amount detection processing unit 
23 detects, on the basis of software, the microphone 
voice input level from the mobile-side microphone input 
terminal C, i.e., the input terminal of the mobile-side 
echo canceler 22 and the mobile-side transmission 
voice level output from the mobile-side echo canceler 
unit 22 : in which the mobile-side echo is canceled, com- 
pares the two levels., and outputs the control signal e for 
controlling the maximum value of the attenuation 
amount of the transmission system loss processing unit 
2112 in accordance with the comparison result. 

The parameter reception processing unit 25 inputs 
a command/data from the main CPU of the externally 
connected cellular phone, converts the serial data into 
parallel data, and transfers the data to the parameter 
setting processing unit 24. The parameter setting 
processing unit 24 changes, on the basis of the com- 
mand/data from the parameter reception processing 
unit 25 : parameters a to e in the parameter setting 
processing unit 24, parameters r| to n in the voice switch 
parameter unit 241, and parameters t to 0 in the echo 
canceler parameter unit 242, thereby controlling the op- 
erations of the line gain correction processing unit 210, 
the voice switch processing unit 211, the mobile-side 
echo canceler unit 22, and the echo cancel amount de- 
tection processing unit 23. 

The parameters will be described next. The param- 



eter a determines the rising and falling time constants 
of the transmission output level detection rectifier 2105. 
The parameter |3 determines the rising and falling time 
constants of the reception input level detection rectifier 

5 2104. The parameter '/determines the maximum atten- 
uation amount of the transmission system loss process- 
ing unit2102. The parameter 5 determines the risingand 
falling time constants of the loss control processing unit 
2103 and the operating point (threshold) at which the 

10 attenuation amount is inserted. The parameter e deter- 
mines the maximum attenuation amount of tne recep- 
tion system loss processing unit 2101. The parameter 
i] determines the rising and falling time constants of the 
reception level detection rectifier 2114. The parameter 

75 e determines the rising and falling time constants of the 
loss control processing unit 2113 and the transmission/ 
reception switching operating point (threshold). The pa- 
rameter X determines the maximum attenuation amount 
of the transmission system loss processing unit 2112. 

20 The parameter u determines the maximum attenuation 
amount of the reception system loss processing unit 
2111. The parameter ti determines the rising and falling 
time constants of the transmission level detection recti- 
fier 2115. The parameter t determines the initial value 

25 and converging time of the tap coefficient of the adaptive 
filter 220 and echo cancel time (degree of tap). The pa- 
rameter <{> determines the time constant until the cancel 
amount detection of the echo cancel amount detection 
processing unit 23 and the operating point (threshold) 

30 for cancel amount detection. 

With this arrangement, parameters for each country 
are given from the main CPU of the external cellular 
phone to the DSP unlike the prior art which copes with 
the difference between line gains in various countries 

35 by changing the constants (hardware change) of parts 
for each country. That is, only by changing the software 
of the main CPU, the difference between lines gains in 
various countries can be coped with without any change 
in the hardware of the hands-free speech communica- 

40 tion apparatus incorporating the echo canceler. 

In the second embodiments, actually, the line-side 
echo canceler 20 shown in Fig. 4 of the first embodiment 
is connected to the input terminal of the line gain cor- 
rection processing unit 210, although the line-side echo 

45 canceler 20 is omitted. The operation of the first embod- 
iment has been only briefly described but can be easily 
understood from the description of the second embodi- 
ment, and a detailed description thereof will be omitted. 



1. Audio processing apparatus comprising: 

audio signal input means (Z) for receiving an 
audio signal from microphone means (5): 
audio signal output means (W) for outputing an 
audio signal to speaker means (4): 



50 

Claims 
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received signal input means (X) for receiving a 
signal transmitted over a communication net- 
work; 

transmission signal output means (Y) for out- 
puting a signal to be transmitted over a com- 
munication network; 

signal processing means (2) for processing sig- 
nals to reduce echo or howling caused by audio 
coupling between the microphone means and 
the speaker means: 

characterised in that: 

the signal processing means (2) comprises 
digital signal processing means arranged so that at 
least one parameter affecting said reduction is pro- 
grammable. 

2. Audio processing apparatus according to Claim 1 , 
wherein the signal processing means is integrated 
onto a single chip : the chip having connections for 
the input and output signals and for data communi- 
cation to effect programming of the or each param- 
eter. 

3. A hands-free communication device comprising au- 
dio processing apparatus according to Claim 1 or 
Claim 2 adapted and arranged for connection to a 
mobile telephone. 

4. A device according to Claim 3, having means for 
receiving data from processing means of the mobile 
telephone for programming the or each parameter. 

5. A device according to Claim 3 or 4 including the mo- 
bile telephone. 

6. A hands-free speech communication apparatus in- 
corporating an echo canceler in a mobile telephone, 

wherein howling prevention means for pre- 
venting howling caused due to leakage of a mobile- 
side loudspeaker output voice into a mobile-side mi- 
crophone input during hands-free speech commu- 
nication and echo cancel means for canceling an 
echo generated due to leakage of a transmission 
voice signal from a self line output terminal into a 
reception voice signal input to a self line input ter- 
minal are constituted by a one-chip digital signal 
processor and said digital signal processor is con- 
trolled by a microprocessor incorporated in an ex- 
ternal cellular phone, thereby controlling/process- 
ing operation parameters of said howling preven- 
tion means and said echo cancel means on the ba- 
sis of software. 

7. A hands-free speech communication apparatus 

a line-side echo canceler having first addition 
means for adding, to a first reception voice sig- 



nal input from a line side to a reception input 
terminal, a second hands-free transmission 
signal in which a first hands-free transmission 
signal sent from a transmission output terminal 
to said line side is adaptively controlled to can- 
cel a component leaking from the first hands- 
free transmission signal into the reception voice 
signal, and outputting a second reception voice 
signal, and a first adaptive filter for adaptively 
controlling the first hands-free transmission 
signal in accordance with the second reception 
voice signal output from said first addition 
means and outputting and supplying the sec- 
ond hands-free transmission signal to said first 
addition means: 

a voice switch having first attenuation means, 
controlled by a first control signal, for applying 
a predetermined attenuation amount for pre- 
venting howling to the second reception voice 
signal output from said first addition means of 
said line-side echo canceler and outputting a 
third reception voice signal to a mobile-side 
loudspeaker output terminal, second attenua- 
tion means, controlled by second and third con- 
trol signals, for applying a predetermined atten- 
uation amount to a third hands-free transmis- 
sion signal in which the third reception voice 
signal component which leaks from said mo- 
bile-side loudspeakeroutputterminal intoa mo- 
bile-side microphone input terminal is canceled 
to cancel an echo, and outputting the first 
hands-free transmission signal, and first atten- 
uation amount control means for outputting the 
second control signal in accordance with a level 
of the third hands-free transmission signal and 
outputting the first control signal in accordance 
with a level of the second reception voice sig- 
nal; 

a mobile-side echo canceler having second ad- 
dition means for adding, to a fourth hands-free 
transmission signal input to said mobile-side 
microphone input terminal, a fourth reception 
voice signal in which the third reception voice 
signal output to said mobile-side loudspeaker 
output terminal is adaptively controlled to can- 
cel a component which leaks from the third re- 
ception voice signal into the fourth hands-free 
transmission signal and outputting the third 
hands-free transmission signal, and a second 
adaptive filter for adaptively controlling the third 
reception voice signal in accordance with the 
third hands-free transmission signal output 
from said second addition means and output- 
ting and supplying the fourth reception voice 
signal to said second addition means: and 
echo cancel amount detection processing 
means for comparing the fourth hands-free 
transmission signal with the third hands-free 
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transmission signal to detect an echo cancel 
amount of said mobile-side echo canceler and 
outputting the third control signal correspond- 
ing to the echo cancel amount, 
wherein said line-side echo canceler, said voice 
switch, said mobile-side echo canceler and 
said echo cancel amount detection processing 
means are constituted by a one-chip digital sig- 
nal processor, and operation parameters of 
said line-side echo canceler said voice switch, 
said mobile-side echo canceler and said echo 
cancel amount detection processing means are 
controlled on the basis of software by a micro- 
processor incorporated in an external cellular 
phone. 



10 



10. Use of a programmable digital signal processing 
device to provide echo or howling reduction in a 
hands-free communication device for a mobile tel- 
ephone so that at least one parameter of the reduc- 
tion can be programmed in dependence on one or 
more characteristics of the communication network 
in which the mobile telephone is employed. 



15 



8. An apparatus according to claim 7, further compris- 
ing line gain correction processing means having 
third attenuation means, controlled by a fourth con- 
trol signal, for applying a predetermined attenuation 20 
amount for downlink line gain correction to the sec- 
ond reception voice signal output from said first ad- 
dition means of said line-side echo canceler, and 
outputting the reception voice signal to said first at- 
tenuation means of said voice switch, fourth atten- 25 
uation means, controlled by a fifth control signal, for 
applying a predetermined attenuation amount for 
uplink line gain correction to the first hands-free 
transmission signal output from said second atten- 
uation means of said voice switch, and outputting 30 
the transmission signal to a transmission output ter- 
minal and said first adaptive filter of said line-side 
echo canceler and second attenuation amount 
control means for outputting the fourth control sig- 
nal in accordance with the level of the second re- ss 
ception voice signal output from said first addition 
means and outputting the fifth control signal in ac- 
cordance with a level of the first hands-free trans- 
mission signal output from said second attenuation 
means of said voice switch, and wherein said line 40 
gain correction processing means is constituted in 
said one-chip digital signal processor and opera- 
tion parameters of said third attenuation means, 
said fourth attenuation means, and said second at- 
tenuation amount control means are controlled/ 4 $ 
processed on the basis of software by said micro- 
processor incorporated in said external cellular 
phone. 



A mobile telephone arranged for connection to a so 
hands-free communication device, characterised 
by data communication terminals arranged to sup- 
ply data to effect programming of digital signal 
processing means of the hands-free communica- 
tion device whereby at least one parameter affect- 55 
ing echo or howling reduction in the hands-free 
communication device can be programmed by 
processing means of the mobile telephone. 
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(54) Hands-free communication apparatus 

(57) In a hands-free speech communication appa- 
ratus incorporating an echo canceler in a mobile tele- 
phone, a howling prevention unit for preventing howling 
caused due to leakage of a mobile-side loudspeaker 
output voice into a mobile-side microphone input during 
hands-free speech communication and an echo cancel- 
er for canceling an echo generated due to leakage of a 



transmission voice signal from a self line output terminal 
into a reception voice signal input to a self line input ter- 
minal are constituted by a one-chip digital signal proc- 
essor. The digital signal processor is controlled by a mi- 
croprocessor incorporated in an external cellular phone, 
thereby controlling/processing operation parameters of 
the howling prevention unit and the echo canceler on 
the basis of software. 
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